Introduction
Although active suppression of noise has been a technological objective for more than half a century [I] , it is only recently with the advent of low-cost, high-speed processors that this objective has become feasible. The most widely used approach to active noise control technology is based upon adaptive disturbance cancellation techniques [I] . These techniques involve a gradient-type search for control gains to reject undesirable disturbances. Because these methods require disturbance measurements, they are traditionally viewed as feedforward algorithms. An alternative approach to the active noise control problem is to apply standard feedback control techniques. Although such techniques have been widely applied throughout almost aU areas of engineering, they have Seen relatively little application in the area of active noise control. Exceptions include the work of Radcliffe and co-workers [2] who demonstrated the feasibility of applying feedback control to the problem of suppressing noise in a onedimensional duct having circular cross section. More recently, researchers have explored the relationship between feedback control techniques and feedforward methods [3] . In the present paper we consider a singloinput, singleoutput plant involving one control actuator (speaker) and one control sensor (microphone). Additional speakers and microphones are used to provide disturbances and to asmm closed-loop performance. To simplify matters, we confine our consideration in this paper to the case of a colocated sensor and actuator, that Le, the control speaker and control microphone located at the same position along the duct.
This configuration has been studied in the nobe control literature under the name of tightly coupled monopole. 
State Space Model of the Acoustic Duct with

Sensor and Actuator
The duct is assumed to be rectangular in cross-section and open at both ends. A fairing is attached to one end to accommodate a fan for future investigation of the effects of mean flow and fan noise. The dimensions 11 and 12 of the duct are sufficiently small compared to its length L &/L, la/L < 1) that acoustic waves travel along the axis of the duct with planar wave fronts. This assumption enables us to treat the duct as a one-dimensional waveguide with spatial coordinate 2 , where 0 5 z 5 L. The control actuator is a speaker located in the wall of the duct in its plane at z = z,, while the sensor is a microphone placed inside the duct at the same location, as depicted in Figure 1 .
The linearized nonhomogeneous equation
where p is the acoustic pressure, po is the density of the acoustic medium, U, is the speaker baffle velocity and zr is the speaker location, describes the pressure in the acoustic duct with the speaker attached to the duct wall.
Note that (1) is dimensionally consistent. In contrast, (1) of [2], which involves particle displacement and an end speaker, is not dimensionally consistent. Specifically, with the correct dimensions attributed to the spatial delta function, equation For the case of the pressure gradient microphone located at z = zm, the measurement is 00
ym(t) =~z ( z m , t ) = C q i ( t ) K = ( Z m ) ,
%=1
which, retaining t modes, can be written as (8) with
... ~( z m ) ] .
(11)
The microphone provides an output voltage y ( t ) that depends on the measured pressure or pressure gradient. Assuming that the transfer function of this device is a pure gain K,, we obtain
To obtain a state space description of the acoustic duct, let
Yd(t)
where, with the inclusion of proportional damping, and assuming that a pressure type microphone is used, u u u 
k ( t ) = Asz,(t) + &V.(t),
Note that (21) has order npiant = 2r + 2.
The control objective is to minimize the acoustic pressure due to the disturbance input at a specified performance location z = zp. In the closed-loop configuration, the input to the controller is the output voltage from the microphone, while its output is a commanded voltage that drives the actuating speaker. For controller synthesis, a disturbance noise source located at z = zd is introduced and sensor noise is integrated into the model. The plant shown in Figure 2 thus has the state space representation Hz range, the system is identified from 100 to 400 Hz.
A least-squares curve fit is performed to determine a transfer function that matches the gain and phase of the experimental frequency response, and the modal frequencies and 
Feedback Controller Design
The control objective is to minimize the acoustic pressure at the performance point xp. To obtain desired rolloff characteristics for robustness to high frequency uncertainty, the precompensation technique described in [5] is used, and a precompensator Gpc of order npc is introduced. Let Gpc have a realization )pc(t) = Apczpc(f) + Bpca(t), 
( t ) k [xpc(t) ~( t ) ]~.
For control synthesis, the performance point is the sensing microphone location, and thus, E1 is taken to be equal to C. This choice obviates the need to calcdate the matrix E1 from the eigenfunctions, since C i s obtained directly from the identified transfer function. The control weighting matrix E2 is chosen using trial and error, the object being to keep control effort minimized while obtaining good performance. For the plant of order npliac described by equations (24), (25) and (27), we seek a controller Gc with a realization of the form & ( t ) = G x , ( t ) + Bcdt), ( 
33)
U(t) = Cczc(t). (34)
The first steq in obtaining the above controller is to design a controller Gc of order f i for the augmented plant of order open-(no control) and closed-loop performance at the sensor location and at the end of the duct are shown in Figures 5, 6 and 7. From Figure 6 it can be seen that noise reduction of 5 dB to 10 dB is obtained at the sensor location zm over a bandwidth of about 200 Hz using the control techniques described above. Figure 7 shows the open-loop and closed-loop performances at the end of the duct away from the disturbance source. It can be seen that significant noise attenuation is obtained over a band of about 200
Hz. The performance plots show the magnitude and phase of the microphone output voltage; the reduction in sound pressure level (SPL) is probably higher. However, SPL data is not currently available to compare the performance to other acoustic control schemes. These results demonstrate a practical application of precompensated LQC sysnthesis, and this form of control design provides optimal broadband performance based on the performance and control weightings. In addition, LQG synthesis is based on a rigorous, well studied, theoretical fiamework. 
Discussion and Conclusions
The performance of the closed-loop system validates the theoretical framework developed in the section on modeling. The experimental identification of the duct provides the numerical parameters required to develop the model.
One factor to be noted in the identification of the duct is that, at least theoretically, the modes identified using the control speaker and the disturbance speaker should be identical. However, as can be seen from Tables 1 and 2, some of the modes observed while using the control speaker are not observed while using the disturbance speaker. Also, there are small discrepancies in the natural frequencies of the modes that are common to both identification procedures and more distinct differences in the damping ratios of these modes. These variations can be attributed to the following factors. Firstly, the control and disturbance speakers are not identical, specifically, the control speaker is an 8 in woofer while the disturbance speaker is a 59 in woofer. Secondly, the dynamics of the duct interact with those of the speaker, and this interaction is dependent on the relative location of the speaker. Thirdly, some modes may not be noticed since the sensing microphone may be located at a node of those modes. The closed-loop performance shows a significant reduction in noise level over a reasonable bandwidth with a simple control design procedure. Using this design procedure, it is found that much higher levels of noise attenuation can be obtained below 400 Hz at the expenae of creating peaks at higher frequencies, usually beyond the model bandwidth, that is, spillover. As shown in [SI, this phenomenon is a direct result of the Bode integral constraint on sensitivity. The performance can be enhanced by using larger control speakers to effect greater control authority, and also to reduce nonlinear effects due to speaker amplitude saturation. More sophisticated control schemes involving multiple sensors and actuators are to be investigated. Finally, direct reduced-order controller synthesis techniques remain to be applied to obtain lower order controllers.
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